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METHOD AND APPARATUS FOR
RECONSTRUCTING A LINEAR
PREDICTION FILTER EXCITATION SIGNAL

FIELD OF THE INVENTION

This invention relates to a method and apparatus for
reconstructing a linear prediction filter excitation signal.
Such signal reconstruction is commonly employed in speech
coding algorithms where a speech signal is decomposed to
a spectral envelope and a residual signal for efficient trans-
mission.

BACKGROUND OF THE INVENTION

The demand for very low bit-rate speech coders (2.4 kb/s
and below) has increased significantly in recent years.
Applications for these coders include mobile telephony,
internet telephony, automatic answering machines and mili-
tary communication systems as well as voice paging net-
works. Many speech coding algorithms have been devel-
oped for these applications. These algorithms include:
Mixed Excitation Linear Prediction Coding (MELP), Pro-
totype Waveform Interpolation Coding (PWI), Sinusoidal
Transform Coding (STC) and Multiband Excitation Coding
(MBE). In all of these algorithms, only the magnitude
information of an LP filter residual signal or a speech signal
is transmitted. In use of these algorithms, the phase infor-
mation is recovered at the decoder by modeling, or simply
omitted.

However, omitting phase information in this way results
in a synthetic and “buzzing” quality in the decoded speech.
Although phase information may be derived from the
encoded magnitude spectrum using Sinusoidal Transform
Coding, synthetic and “buzzing” qualities still exist in the
decoded speech owing to minimum phase assumptions in
the speech production model. Improved speech quality has
been reported when the phase spectra of some pre-stored
waveforms are used, but only a little information from the
pre-stored waveforms is revealed using this technique.

It is an object of this invention to provide a method and
apparatus for reconstructing a linear prediction systhesis
filter excitation signal, for use in speech processing, wherein
the above mentioned disadvantages may be alleviated.

BRIEF SUMMARY OF THE INVENTION

In accordance with a first aspect of the present invention
there is provided an apparatus for reconstructing a linear
prediction filter excitation signal.

In accordance with a second aspect of the present inven-
tion there is provided a method of reconstructing a linear
prediction filter excitation signal.

BRIEF DESCRIPTION OF THE DRAWINGS

Two embodiments of the invention will now be more fully
described, by way of example only, with reference to the
accompanying drawings, in which:

FIG. 1 shows a block diagram illustration of a simple
voiced speech production model;

FIGS. 2a and 2b show Z-plane diagrams of transfer
functions of respectively the simplified voiced speech pro-
duction model of FIG. 1 and its associated LP residual
signal;

FIG. 3 shows a block diagram illustration of an LP based
speech coder;

FIGS. 4a and 4b show Z-plane diagrams of transfer
functions of respectively a modified voiced speech produc-
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tion model incorporating the present invention and its asso-
ciated LP residual signal;

FIG. 5 shows a block diagram illustration of a voiced
speech decoder incorporating the present invention;

FIG. 6 shows a block diagram illustration of an “analysis-
by synthesis” method of separation frequency determination
which may be used in the present invention; and

FIG. 7 shows a block diagram illustration of an “open-
loop” method of separation frequency determination which
may be used in the present invention.

DETAILED DESCRIPTION OF THE DRAWINGS

A simple voiced speech production model is typically
expressed in terms of three cascaded filters excited by a
pseudo-periodic series of discrete time impulses e(n), as
illustrated in FIG. 1. These filters are:

i) a glottal filter (10), G(z),

ii) a vocal tract filter (12), V(z), and

iii) a lip-radiation filter (14), L(z).

The transfer function of the voiced speech production model
is defined as:

S@=GEAOVIL(E) @
G(z) is a glottal excitation filter which is used to provide an
excitation signal to the vocal tract. The transfer function of
G(z) is defined as:

oo L @
Ty

where values of f§ are the poles of G(z).

V(z) is used to model the K vocal tract resonances (or
formants) which is assumed to be an all-pole model and has
a transfer function:

1 3
Vi) = ®

Il (U-pzh)1l-pzh)

where values of p; are the poles of V(z). The frequency and
bandwidth of a formant is directly related to the location of
the pole within the unit circle as shown in FIG. 2.

L(z) is used to model the lip-radiation and is considered to
be a differentiator which has a single positive zero on the
real axis. [(z) is defined as:

L{m=1-a! ®
where o takes a value close to unity. The system function of
the simple voice speech production model can be expressed
in the Z-plane as illustrated in FIG. 2a.

In FIG. 3 the schematic diagram of a linear predictive
(LP) based speech coder is shown. At the encoder, LP
analysis (30) is used to estimate the spectral envelope of a
segment of speech signal, and thus to yield a set of filter
coefficients a .. The set of a ,.’s is used in an LP analysis filter
(32) to process the speech segment to yield an LP residual
signal r(n). The LP residual, together with the set of filter
coefficients, are encoded (34, 36) and transmitted over the
channel (38). At the decoder, the two signals &, and é(n) are
re-covered (40, 42). The residual signal &(n) is used as an
excitation to an LP synthesis filter (44), and hence to obtain
the synthesized speech “S(n).
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The function of LP analysis is to estimate the spectral
envelope of the speech segment. It can be seen from FIG. 2a
that this is equivalent to estimating the location of the poles
inside the unit circle. It is often assumed that the magnitude
effect of one of the glottal excitation poles §’s is cancelled
out with the lip-radiation zero c.. Hence LP analysis only
estimates the locations of p,’s and one of the [3’s. By passing
through the speech segment to an LP analysis filter A(z), the
magnitude spectrum of the speech segment is flattened. This
is effectively the same as putting the zero’s on the locations
of the poles. As a result, the LP residual signal should have
a flat magnitude spectrum and zero phase, as shown in FIG.
2b.

Recent research results suggest that a glottal excitation
filter which models better the true glottal excitation should
have poles outside the unit circle. Thus, to incorporate this
suggestion, the system function in FIG. 2a is modified, as
shown in FIG. 4a. The transfer function of the modified
voiced speech production model is defined as:

(1—az™h (&)

S(z) =

2 K
[ 1= piz (1 =Dz
( 5 ]g( P =Pz )

If LP analysis is applied to a segment of speech signal and
LP filtering the speech segment, the LP residual will have a
system function as illustrated in FIG. 4b. The system func-
tion in FIG. 4b can be implemented by a digital filter E(z)
which has a transfer function defined as:

(1—az )1 -y ©

==

Although it may be noted that E(z) is an unstable system,
this is not relevant since we are only interested in the phase
response of the filter.

Using the above information, an LP excitation is regen-
erated or reconstructed at the decoder using a flat magnitude
and a derived phase spectrum, as shown in FIG. 5. In the
decoder of FIG. 5, a magnitude deriver (50) and a phase
deriver (52) are used to compute the required magnitude and
phase spectra from received parameters. The derived mag-
nitude and phase signals are applied to an LP synthesis filter
(54) to generate the reconstructed speech signal.

The phase spectrum is computed as:

E@@) =

$e(w) = O]

can- 1( asinw ] can- 1( ysinw ] P 1( sinw ]
- - +
M\ T0—acosw M \To- YCosw an B —cosw

It will be understood that the magnitude spectrum of the
LP excitation signal may be derived using the same argu-
ment or simply using the original magnitude spectrum of the
LP residual. It will be appreciated that computational sim-
plicity and bit-rate efficiency is gained by using a flat
magnitude spectrum.

In implementing this scheme, values must be chosen for
the coefficients o,  and y of equation (7).

The value of o can be kept constant, as:

a=1

®

Alternatively, depending on the particular implementation
and bit rate requirement, the value of o can be varied in the
range of, say, 0.9 to 1.
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For the value of v, reference is drawn to FIG. 4b. From
FIG. 4b it can be seen that y is a zero which lies on the real
axis, and hence it contributes as a spectral tilt on the spectral
envelope. Suppose a set of LP filter coefficients is available
at the decoder and these filter coefficient characterize the
spectral envelope of an LP synthesis filter H(z). The spectral
tilting may be computed from the first PARCOR k;, as:

y=lfy

The value of k; is calculated as:

©)

(10)

where A(i) is the i”* autocorrelation function of h(n) and is
defined as:

N-1

AG) = Z b — i)

n=0

and h(n) is the impulse response of the LP synthesis filter.
A good approximation for the value of § may be calcu-
lated as

an

A computationally simpler way of deriving the approxi-

mate phase spectrum is achieved by assuming:
aspey 12

Hence, the phase spectrum is calculated as:

13

ysinew sinc ]

P Y -1
¢r(w) = —2tan (1.0 - ycosw] +2tan (7 — Ccosw

Experimental results have shown that the speech signal
synthesized using only the deterministic signal is noticably
synthetic. This is due to the fact that a voiced speech signal
is a quasi-periodic signal in which random components
exist. To model the randomness characteristics, the transfer
function of the voice speech production is modified as:

{ Glw)V(wlw) 0<w=ws (14
Slw) =
NV(wlw) ws<w=sm

where:
S(w) is the frequency response of the speech signal,
G(w) is the frequency response of the glottal excitation
filter,
V(w) is the frequency response of the vocal tract filter,
L(w) is the frequency response of the lip radiation filter,
N(w) is the frequency response of a filter whose impulse
response is a white Gaussian noise signal, and
w, is the frequency separating the two signal types.
Equation (14) suggests that the vocal tract filter V(w) and
the lip-radiation filter I(w) are now excited by a combined
source, G(w) and N(w). The combined excitation signal is
composed of a glottal excitation for the lower frequency
band and a noisy signal for the higher frequency band.
At the decoder, the speech signal is recovered using the
following equation, where the synthesized speech is pro-
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duced by driving a combined LP excitation through an LP
synthesis filter H(w). The combined excitation is generated
using a magnitude spectrum together with a derived phase
spectrum for lower frequency band and a random phase
spectrum for higher frequency band.

o { EwHw) 0<w=w (15)

S(w)
NwHw) ws<w=sn

The separation frequency w, may be determined at the
encoder via an “analysis-by-synthesis” approach. This man-
ner of determining the value of w, is shown in FIG. 6. Prior
to the generation of the combined excitation, a magnitude
spectrum (62), a derived phase spectrum (64) and a full-band
random phase spectrum (66) are determined. The three
spectra are used to generate (68) a combined excitation
signal &(n) for a value of w_. The combined excitation signal
is used to excite H(z) (70) to yield a synthesized speech
signal “s(n). The synthesized speech is then compared (72)
with the original s(n) using a similarity measure. The
similarity measure is defined as the cross-correlation
between the two speech signals C(s,§). This process is
carried out for a range of values of w_ (74). The value of w,
which yields the highest similarity measure will be encoded
and sent to the decoder. At the decoder, an identical copy of
the three spectra is available and the re-generation process is
exactly the same as at the encoder.

Experimental results show that the value of w, may
alternatively be estimated by using an open-loop approach,
as shown in FIG. 7. In this method, a deterministic signal is
generated (80) at the encoder using a magnitude spectrum
(76) and a derived phase spectrum (78). The deterministic
signal is then passed through an LP synthesis filter (82) to
yield a synthesized speech signal. The synthesized speech
signal is compared (84) with the original using a similarity
measure C(s,8). The more the synthesised speech is like the
original, the higher will be the value of w,, ie. glottal
excitation dominates, and vice versa. The value of w, is
encoded at the encoder (86), quantised and sent over the
channel. The value of the w, is calculated at the encoder as:

w,=C(s,8)*n

(16)
Using the open-loop method, the computational complex-
ity of the encoder can be reduced with only a minor
degradation in the speech quality.
It will be appreciated that other variations and modifica-
tions will be apparent to a person of ordinary skill in the art.
What is claimed is:
1. An apparatus for reconstructing a linear prediction
synthesis filter excitation signal, the apparatus comprising:
means for receiving parameters representative of a sig-
nal’s magnitude and phase spectrum, and for producing
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therefrom a deterministic signal comprising a magni-
tude spectrum and a phase spectrum; and

means for receiving the deterministic signal and a noise
signal and for reconstructing therefrom the linear pre-
diction synthesis filter excitation signal,

wherein the phase spectrum is derived substantially from
the formula:

GE(@)=—tan™ (%7 O/ ppe w)tan T (" Yy pas 2 tan T /g

cos )

where

¢E (w) represents the phase at frequency w,
a is a predetermined constant,
y represents a desired degree of spectral tilting, and

[ is substantially equal to the mean average of o and vy.

2. An apparatus as claimed in claim 1 wherein the
magnitude spectrum is substantially flat.

3. An apparatus as claimed in claim 1 wherein the value
of v is substantially equal to |[-A(1)/A(0)|, where A(i) is the
i autocorrelation function of the impulse response of the
linear prediction synthesis filter.

4. An apparatus as claimed in claim 1 wherein the values
of a, p and vy are substantially equal.

5. An apparatus as claimed in claim 1 wherein the value
of a is substantially equal to unity.

6. A method for reconstructing a linear prediction syn-
thesis filter excitation signal, the method comprising the
steps of:

receiving parameters representative of a signal’s magni-

tude and phase spectrum, and producing therefrom a
deterministic signal including a magnitude spectrum
and a phase spectrum; and

receiving the deterministic signal and a noise signal and

reconstructing therefrom the linear prediction synthesis
filter excitation signal, wherein the phase spectrum is
derived substantially from the formula:

PE(@)=—tan (""" “/1_cipps o)—tAN (7 oo )42 tan ("
cos @)
where
¢E (w) represents the phase at frequency w,
a is a predetermined constant,
y represents a desired degree of spectral tilting, and
[ is substantially equal to the mean average of o and vy.
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